Abstract. The system is based on ARM as the core of the embedded platform, using STM32F103 chip, comprehensively designing adjustable gain microphone, AD7606 eight channel synchronous acquisition chip,W5300 Ethernet chip, Qt upper computer and so on to complete a multi-channel sound source localization system integrating acquisition, storage, upload, analysis and display of sound signals. The system use STM32F103 chip to control the core and source localization algorithm based on time delay estimation of arrival time difference with small computation, accurate localization and good real-time performance. Through the design and fabrication of microphone array, the acquisition and pre-processing function of sound signal is accomplished by using eight-channel synchronous acquisition module. The data is transmitted to the upper computer by using Ethernet module, and the upper computer performs algorithm processing and display. The system is simple in structure, small in size and easy to use. The test results show that the system can not only acquire complete sound data and high waveform reduction, but also display real-time sound source waveform in the upper computer. The positioning result is ideal, high accuracy, good real-time, and has certain practical value.
Introduction
In recent years, people pay more and more attention to using modern technology to extract and utilize voice information [1] .With the development of the information age, the sound source location technology which acquire the sound signal by the sound sensor and process by the digital signal processing technology is becoming the key technology of sound signal processing. Source location technology based on microphone sensor array is an important problem in the field of acoustic signal processing [2] . Compared with the traditional single microphone sensor, it not only effectively compensates for the limitation of the single microphone pickup range and can not effectively separate the sound signal, but also can be widely used in noisy sound communication environment. It is a new direction of sound signal processing, and its research has a strong theoretical significance and practical value [3] .Most of the existing positioning systems use algorithms with large amount of computation and poor real-time performance, which can not meet the high real-time requirements. To solve these problems, a real-time sound source localization system based on STM32 chip is designed in this paper. The whole process from acquisition and processing of sound signal to display of sound source localization information is realized. The influence of sound source distance on the accuracy of sound source localization system is studied through experimental data.
System overall Plan
The system uses the core board with ARM (STM32) chip as the core controller, adjustable gain microphone as the sound sensor, eight channels synchronous acquisition AD7606 chip to realize the analog-to-digital conversion of sound, Ethernet W5300 chip for data transmission, delay estimation algorithm, and PC software for analysis and display.The diagram of the overall structure of the system is shown in Figure 1 : 
Principle of Sound Source Localization Algorithm
The system uses TDOA-based time-delay estimation algorithm for data analysis. The algorithm has the advantages of small computation, simple process and high accuracy [4] .The microphone array used in the system is shown in Figure 2 .In the near-field model, the origin O of the coordinate system is used as the reference point. The microphone coordinates are (micx, micy). The presound source coordinates are (xf, yf).The distance from the sound source to the plane where the microphone is located is (d).The propagation speed of the sound wave in the air is (v), and the sampling frequency is (afs).The specific implementation process is as follows: (1) Time delay estimation:Time delay is estimated by spatial position relationship between presound source and microphone array [5] [6] .When sound waves propagate at a certain speed in the air, the same sound signal received by microphones at different positions in the array has different phases.Firstly, the distance from the presound source to O rc and the distance from the presound source to the microphone rf are calculated by using the position relationship between the sound source and the microphone array:
(1)
And calculate the theoretical delay estimation value τ of the pre noise source relative to each microphone by the distance formula: (2) Sound source localization: Using the obtained τ to delay the actual sound data and forming a matrix, and then processing autocorrelation operation to obtain the correlation degree matrix. Finally, adding all the elements and averaging them to obtain the correlation coeffiient [7] .A set of correlation coefficients are obtained by traversing the sound source plane in turn. The larger the correlation coefficients, the greater the possibility that the corresponding region is the sound source location.
= (4)

System Hardware Design Plan
This paper designs and implements a multi-channel sound source localization system which integrates the acquisition, storage, upload, analysis and display of sound signals on the embedded platform, and realizes the acquisition, location and display of sound source signals.The system is divided into five parts: core board, microphone array module, eight-channel synchronous acquisition module, Ethernet module and upper computer [8] .The system is controlled by the ARM (STM32) chip, which makes full use of its rich peripheral interface, connects the eight-channel 16-bit synchronous sampling data acquisition module and Ethernet module to acquire and transmit the sound signal respectively, and finally realizes the analysis and location display of the sound data on the upper computer.
Core Board
The system takes advantage of STM32F103 "enhanced" series chips [9] based on ARM Cortex-M3 kernel, which have the highest performance and clock frequency of 72MHz in the same kind of products, to control the whole sound source positioning system.The eight-channel synchronous acquisition module and Ethernet module are connected by two peripheral interfaces through SysTick timer and external interrupt/event controller respectively.The system uses the interrupt function of SysTick timer. By setting the reload value register as the sampling interval (1/fs), the programmable control chip completes the data acquisition and storage function of eight channels after interrupt triggering.When STM32 and Ethernet module transmit data through TCP, the system will cause external interruption. At this time, the interrupt type can be determined by querying SOCKET port status: establishing connection, disconnecting connection, receiving data, sending data, connection timeout, etc. Whichever interrupt occurs, the interrupt mask register (S_IMR) and interrupt register (S_IR) corresponding to "1".
Microphone Array Module
The spacing and location of microphone sensors in microphone array play a decisive role in sound source localization [10] [11] .The system uses an adjustable gain microphone and arranges eight high-sensitivity microphones evenly into a ring array with a radius of about 4cm [12] ,which is responsible for acquiring respectively sound signals in eight different directions in the plane.As shown in Figure 3 . The performance of the microphone is tested by an oscilloscope:When the microphone head is away from the sound source 15cm, it can output the signal waveform very well, and the amplitude is larger.When the two microphones are separated from 4cm, there is time delay and good consistency.As shown in Figure 4 . 
Eight Channel Synchronous Acquisition Module
The eight channel synchronous acquisition module based on AD7606 chip is the main peripheral device of the core board.The system uses 16-bit analog-to-digital converter in the module to realize the function of digital conversion of analog signals acquired by microphone array, and uses SPI bus to realize serial communication, and transfers the data on the parallel data bus to STM32 bit by bit, thus realizing the function of acquiring sound data and AD conversion.The connection between the AD7606 chip and the core board is shown in Figure 5 . 
Ethernet Module
The core chip of Ethernet module is W5300, and the working voltage is 3.3V. The chip MP2359 converts the voltage from 12V to 3.3V and supplies power to the chip.W5300 chip supports a variety of transport protocols. In this system, W5300 will be configured to transmit TCP protocol.The location of the chip in the module is shown in Figure 6 . 
System Software Design Plan
The system software of the system mainly includes: STM32 core control module and upper computer positioning and display module.
STM32 Core Control Module
This module mainly realizes the initialization of the system, the allocation and control of peripherals and the coordinated and orderly operation of the system. It is the "CPU" of the system.First of all, the system is initialized: I2C serial bus is used to complete the initialization configuration of peripherals, while setting the parameters required by Ethernet module, configuring SPI synchronous bus and interrupt service function, and completing all the basic settings of the system.Then,use timer interrupt to acquire and store eight channels.Finally, the STM32 external service interruption is triggered by writing TCP sending function and connecting instructions,receiving data instructions of upper computer, and transferring data to upper computer through TCP protocol. 
Upper Computer Location and Display Module
The upper computer mainly completes the analysis of the sound data and the display of the result of positioning.The receiving and displaying of eight-channel data in this module will be programmed by multi-thread, which is divided into main thread main and two derived threads, tcpthread and im_ad_tcp.Thread tcpthread is responsible for connecting with the lower computer, sending commands and receiving data. Thread im_ad_tcp mainly completes the analysis of interface display and positioning algorithm. The two threads share data, but execute separately, which improves the efficiency of data reading and display. Figure 8 shows the structural diagram of the upper computer program.
The main thread "main" access to the upper computer program.
The derived thread "tcpthread" establishes connections, accepts commands and data.
Derived thread "im_ad_tcp" data conversion, algorithm processing, page display shared data parallel processing Figure 8 . The structural diagram of the upper computer program. Figure 9 shows the page layout structure of the upper computer display system:Real-time display of source signal waveform acquisitoned by eight channels on the left side,source localization results on the right side.The display interface represents the plane range of the sound source.
System Function Test
Based on the above hardware and software design, aiming at the positioning function and performance of the system, the white Gaussian noise is used to test in a general laboratory by using mobile devices as sound source.As shown in figure 10 , when the source coordinates are (0, 0.15, 0.50), the location results obtained by the system: The correlation coefficient matrix obtained from the test is processed by MATLAB, and the location information of the sound source is obtained.The result is that the coordinates of (0.01, 0.15, 0.50) are mapped into the space in a small area with (1, 15) as the center, and the positioning result is ideal.
Location Test of Sound Source in Different Positions
According to the algorithm:the higher the plane distance of the sound source is, the smaller the theoretical delay estimation is.Next, the sound source with position coordinates (0.00, 0.15, d) will be positioned and tested, d = 0.1, 0.2, 0.3/0.4/0... 0.8m, the result is shown in Figure 11 . When d = 0.1m, the location results are most realistic. With the gradual increase of d, the location results also deviate from the actual position and move towards the boundary.When d=0.8m, the location result is already at the boundary of the display page.It can be concluded that when the sound source is located in a higher position, the sound source is far away from the microphone array and the sound signal attenuates more. The sound signal received by the microphone is weaker than that reflected from the ambient noise and the wall, which leads to the positioning deviation.When the sound source is located in a lower position, the sound signal is stronger and the gain is larger, then the sound signal received by the microphone is stronger than that produced by the environment, the influence of the environment is weak, and the final location is more accurate.
Accuracy Test of Sound Source in the Same Location
The sound source at coordinates (0.20, 0.20, 0.50) is positioned six times continuously, and the correlation matrix is shown in Figure 12 .From the results of six experiments, only the sixth experiment showed a slight deviation, but did not affect the positioning results.This indicates that the system is stable and accurate. 
Conclusion
In this paper,on the basis of function studying ARM chip and related modules and other hardware used in the system,and understanding its internal working principle, the whole hardware design and software debugging of the sound source localization system are completed by using embedded chip, combined with a variety of peripheral modules and using the coordination between the upper computer and the lower computer.In hardware aspect, the whole process of acquisition, storage and uploading of sound source signals has been completed.In software, the location and display of sound signals are realized.At the same time, on the premise of completing the basic work of the system, the problems of low sampling rate, data overflow and packet loss are solved by testing the experimental data. The influence of the distance between the sound source and the microphone array plane on the result of sound source localization is summarized. In order to alleviate the noise interference, the mean filter algorithm is used to optimize the localization accuracy and enhance the anti-noise performance of the system.
